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ABSTRACT

This project involves the testing and design of a Decimdiitar for a High speed\X
Modulator compensated for more than unity feedback delbg. chip tested as part of
this thesis contains a fast feedback path to compensatel@ysiwhich are greater than
one clock cycle. This led to realize very high sampling sge&d0.1&m technology.
The ADC tested was a 4-bit modulator with sampling speed &MBz. The chip
consumest7.6mW of power from a 1.8V supply. The measured dynamic range is
82 dB for OSR of 25 and is 80 dB for OSR of 10. Decimation filtedesigned to work
at 1 GHz and Decimation by a factor 25 is implemented in a chscd two stages,
each stage decimating by a factor 5. Polyphase decomposdiuces the maximum
operating frequency to 200 MHz so that the entire design @amiplemented with
0.18um standard cell library. Appropriate grouping of partiabgucts reduces the
number of explicit additions/multiplications and minirag the power consumption.
The design is implemented in 0.L& CMOS process from UMC. It occupies an area
of 790 x 740. The design consumes a total power of abbud6 mw from a 1.8V
supply. The simulated SNR for the Decimation filter is 93388 when fed from the

output of an ideal\Y> modulator.
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CHAPTER 1

Introduction

1.1 Introduction

Continuous time(CT)AYX modulators have found increasing use in modern electronic
components. They are high speed and consume low power. @IAhmodulators
have an inherent anti aliasing property thus saving the oéeth explicit high order
anti-alias filter which saves both power and area.Anoth@ontant property that they
possess is noise shaping. @I modulators filter out the quantization noise in the
signal band thus making the quantizer look like having maraiper of bits(hence better
guantization) for quantization. Hence we can as well desigmple 1 bit quantizer and
make it look like 4 or 5 bit quantizer by the help of the noisamhg property. Also

in a given technology the sampling frequency of a @ modulators is limited by
the excess loop delay(ELD) present in the loop because ajubstizer and the DAC.
Most of modulators have ELD compensation but they are mastlg for ELD less
than one clock cycle [3][7]. This again limits the samplimgduency. Thus to realize
higher sampling frequency we need to design the modulatahnan compensate for
much higher ELD. The chip [10] which is tested as part of thessis work employs one
such technique which can compensate for ELD between one tocR cycle delays
[11]. This led to a very high sampling frequency for a 4-hi modulator designed on
0.18:m technology. The chip with a®SR = 25 was tested to work at 750 MHz and
the DR was 82 dB and th& VR,,.., was 68.7 dB. The bandwidth is 15 MHz/37.5 MHz
and it consumes 47.6 mW from a 1.8 V supply. Also a new highdple¢a acquisition
technique to capture th&®> modulator data directly from the field programmable gate

array(FPGA) is also discussed along with its potential i@ppbns for testing.



Once the quantization noise is shaped out of the passbamdas & Figure 1.1, a
low pass filter(LPF) is required to remove the out of band congmts and a decimator
is needed to bring the sampling rate back to the Nyquist rata the oversampled rate.
Both these tasks are performed by a decimation filter, whscitsaname suggests, low

pass filters and decimates (brings down the sampling ragghput signal.

The aim of this project is to test and to design a low powerrdation filter for a
high speedAY: modulator.The decimation filter is designed to work at 1 GiSmce
the low pass filtering and the decimation are performed omtiput signal of the\>:

modulator, the entire decimation filter system works in tiggtal domain.

Discrete time Digital output Digital output
analog input of DSM with quantization noise with out of band noise
shaped out of signal band removed
—_— _
fg fJ/2 fg fJ/2 fg fJ/2
ulr] il | || i
_ L(2) > g LPF Decimator
Asin(w)
where l OSR
(’OZZT(fin/fs)
fa
Delta-Sigma Modulator (DSM) Decimation filter

Figure 1.1: Block diagram of decimation filter for&> modulator. fz: maximum
inband frequency, OSR: Oversampling ratio.



1.2 Organization

Chapter 2 discusses the test setup used to test the chip along with ¢éhsurement
results. Finally a new data acquisition technique usingp§dope tool thus replacing

the need of a logic analyzer is described.

Chapter 3 introduces the basics of decimation filter design. Spetifina of theAY
modulator and decimation filter are considered and a finalstage design of decima-

tion filter is derived.

Chapter 4 gives information about the digital synthesis of the det¢onasing standard

cells and CAD tools. The simulation results are given in dhiapter.

Chapter 5discusses the complete architecture ofAf¥¢analog to digital converter(ADC)
after combining the Decimation filter to DSM. The simulati@sults are given in this

chapter.
Chapter 6 concludes the thesis

The details of the chip which was tested can be found in [1d] @&so Appendix
A, which discusses the effect of excess loop delay on a dgtassmodulator and
also discusses commonly used techniques to compensate #ependix A further
discusses the compensation technique used in the chip testeyl and also gives an

overview of the chip architecture.



CHAPTER 2

Test setup and measurement results

2.1 Testchip

A snapshot of the fabricated test chip is shown in Fig. 2.1e Ghip has 48 pins and

occupies an area 686.7 mm?.

7
7
¥
—
-
L.
«
N

Figure 2.1: Chip used for testing, [10]

The pin details of the test chip is shown in the Figure 2.2. @the 48 pins, 4 pins

are not used and remaining 44 pins are allocated as showrble 4. Appendix B

shows the description of each pin.
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Ckp [5] VS_GRASP 2] Doutb<3>
Clkm [7] [e7] Clk_out
OSR_ctrl [g] [es] Clkb_out
Iref_5uA [9] [zs] Dout<4>
Vref_flash [i0] [22] Doutb<4>
gnda [u] [23] Dout<5>
[12] [15] [1e] [is] fis] 7] fie] foo] [eo] [2] fee]
- c g © o Aa A A A
$sS8sfeyvyyy
>8 4 238 2 33 32 3
s> 80808

Figure 2.2: Pin details of the chip, [10]

Table 2.1: Pin allocation in the test chip, [10]

Signal Number of pins used
Input signal 2
Input clock 2
Output digital data 18
Power supplies 10
References 5
Control signals 7

2.2 Testsetup

The top level block diagram of the test setup is shown in EQu8 . A signal source(Agilent
33250A) drives an input tone to a passband filter which sigge®the harmonics and
the wideband noise of the signal source. A balun transforiiderth-Hills 100 kHz-

20 MHz balun) converts this spectrally purified tone intoféedential signal that serves

as the input to the test chip. The clock signal is generated bignal source (Agi-
lent E4422B), which can generate low-jitter sine wave atléx. An RF transformer

(Mini-Circuits ADT1-1WT) is used to convert this clock toffirential clock, which is

5



fed to the test chip.

The modulator outputs are then passed through low voltdfgeehtial signaling(LVDS)
buffers and are written on a First in,First out(FIFO)fat2. The FIFO is implemented
on an FPGA( Xilinx Virtex 5 board) and it stores the 8bit ADCtputs on its FIFO. This
data stored in the FIFO is then read out to a Logic Analyzerrauah lower rate. A
FIFO is used between test chip and logic analyzer becaudegiteanalyzer available
to us can operate at a maximum speed of 200 MHz. So, the FPQAreaphe data at
a high speed and then transfers it at a lower speed to thedogigzer. From the logic

analyzer, deserialized data is transferred to a PC for pastessing.

Logic Analyzer
! (Agilent-1682AD)

(&)
Bagﬁt%"’r‘ss Test board FPGA Board ! G0 !
(Allen Avionics) Vinp (Xilinx-virtex5) S
i i
| Balun +—Vem (Egg) —a FIFO |4 @
[®1 0000
Vinm
poopezmeesres
Clock 1 :
3 s—
Q Q ichipscope |
Signal source Signal source (l -b-)""
(Agilent-33250A) (Agilent-E4422B)

Figure 2.3: Test setup using either (a)logic analyzer (p&iope

The logic analyzer is a costly and scarce instrument hen@swanay of capturing
data was used by the help of a tool called Chipscope provigedlimx. Details of test
setup using chipscope will be discussed in the last secfidhhi®chapter. Figure 2.4

shows a snapshot of the test setup.

2.3 Testboard

Various test boards were used for testing. From the eadsrésults it was suspected
that the packaging of the chip has an effect on the output @aship packaged by

SPEL was not running at 800 MHz whereas the chip packaged IRRRACTICE

6



Figure 2.4: Snapshot of test setup
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(.Digital:Output

", eoOsh
s

a

Clogk Output

i

Digital cOutput

Figure 2.5: Board used for the testing



was running at 800 MHz. So another printed circuit board vessghed which contains
DSM and LVDS buffers on the single board instead of havingvem different boards
as used in the earlier work. The snapshot of the test boafdlabels is shown in the
Figure 2.5. The measurement results presented in the netdrseontains readings

taken from this board. The dimension of the board is 14.5 cinX&m.

2.4 Measurement results

All the measurements are donefat= 750 M H z instead of 800 MHz, as the modulator
was becoming unstable at 800 MHz. The chip consutfigsn 1V of power from a 1.8V

supply. Figure 2.6 shows the idle channel response of thailatmt.

Power spectral density

_70 L

_80 L

Power spectral density in dB

_90 s

-100

_110 Il Il Il Il Il Il Il
0 50 100 150 200 250 300 350 400
Frequency in MHz

Figure 2.6: Idle channel response for OSR of 25

It has tones af, /4 due to the input reference substractor used in the flash hvigic
operating atf;/4. Idle channel response of the modulator for different samypiates
and their in-band noise values are as shown in figures. Thellaiod becomes unstable

atf, = 800 MHz.
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Figure 2.9: f, = 790 M H z , In-band noise Figure 2.10: f, = 800 MH~z , In-band
=-69.12dB noise = -47.92dB
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Figure 2.11: Output PSD for OSR of 25 and input of 5MHz



For an input of -1.6 dBFS the output of the modulator is shawRigure 2.11, the
SQNR is 68.7dB and SNDR 63 dB.

Power spectral density

T T T T T

Calib. OFF
-10F — Calib. ON H
-20

—50 |

-80F
-90+

i i i i i i i i
0 5 10 15 20 25 30 35 40
Frequency in MHz

Power spectral density in dB

Figure 2.12: PSD with and without calibration

The DAC calibration scheme used in the design significaeitiices the distortion
at the output and when compared to a case with calibratioretuon the plots are as
shown in Figure 2.12. The harmonics with calibration on dveus 77 dB below the

input tone.

Dynamic Range
70

60 -

50

40

30

SONR in dB

20

10f

_10 1 L L L L L L L L
-90 -80 -70 -60 -50 -40 -30 -20 -10 0 10
input power dBFS

Figure 2.13: SQNR vs input amplitude for OSR= 25 and input\Hz
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The plot of SQNR for different input amplitudes is shown irgiie 2.13. The
measured dynamic range is 82 dB for OSR of 25.

Power spectral density
O T T T T T T T

_10 H

-20H

Power spectral density in dB

~100 i i i i i i i
0 50 100 150 200 250 300 350 400
Frequency in MHz

Figure 2.14: Output PSD for OSR of 10 and input of 5MHz

For the case with OSR of 10 the plot for581Hz input at -1.6dBFS is shown in
Figure 2.14. The SQNR and SNDR are 67.27 dB and 65.73 dB ridaggc

Dynamic Range
70

60

50

40

30

SONR in dB

20

10

~10 i i i i i i i i
-90 -8 -70 -60 -50 -40 -30 -20 -10 0 10
input power dBFS

Figure 2.15: SQNR vs input amplitude for OSR of 10 and inpuMHz
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Also the plot of SQNR over different amplitudes is shown igle 2.15. The

measured dynamic range is 80 dB.

2.5 Using Chipscope for high speed data acquisition

In the earlier section, we discussed how we were using the ktpalyzer along with

the FPGA board to capture the data from the ADC. Since logadyaers are scarce
and costly instruments so there was a need to come up with dondiyectly capture

the data from the FPGA itself. Also capturing data into thgidaanalyzer and then
transferring it to the main machine was also a time consumingess. By using a tool
called Chipscope [1] which is provided as part of the Xili®El package, it is possible
to capture data at high speed on the FPGA itself. It can alstucadata at very high
speeds(the speed of the design on the FPGA) which is muckerhilgan the maximum

sampling rate possible via a commercially available logialgzer.

2.5.1 Chipscope overview

ChipScope is an embedded, software based logic analyzealtbas monitoring the
status of selected signals in a design in order to detectipestesign errors. It samples
the signals needed to be analyzed and stores them on the FFR@A Fhese are then
read to the Chipscope graphical user interface (GUI) on lioat computer. The Xilinx
ChipScope tools package has several modules that you cao gddr Verilog design
to capture input and output directly from the FPGA hardwaieese are:

e ICON(Integrated CONutroller): All of the ChipScope coregtise Joint Test Ac-
tion Group(JTAG) Boundary Scan port to communicate withtibet computer
via a JTAG downloading cable (either a parallel or a USB calllee ICON core
provides a communications path between the JTAG Boundaay ort of the

FPGA device and the other ChipScope cores (ILA, VIO). The NC&re can
communicate with up to 15 ILA and/or VIO cores at any givendiniHowever,

12



individual cores cannot share their control ports with athyeocore. Therefore,
the ICON core needs a distinct control port for every ILA an@®\¢ore.

e VIO(Virtual Input/Output): A module that can monitor andwr signals in your
design in real-time. You can think of them as virtual pusltdns (for input)
and LEDs (for output). These can be used for debugging pasyas they can
incorporated into your design as a permanent I/O interfdodike the ILA core,
no storage resources are required.

e ILA(Integrated Logic Analyzer): A module that lets you vieand trigger on
signals in your hardware design. Think of it as a digital bescope (like Mod-
elSim’s waveform viewer) that you can place in your desigaitbin debugging.

2.5.2 The ChipScope Analyzer Tool

The ChipScope Analyzer tool interfaces directly to the ICOM, and VIO cores. By
inserting an ICON and an ILA into your design and connectirent properly, you can
monitor any or all of the signals in your design. Even niceghet ChipScope provides
you with a convenient software based interface for contrglihe ILA, including setting
the triggering options and viewing the waveforms. With tbisl, the user can configure
the FPGA device, set up trigger conditions and view the designals in graphical
form. The analyzer provides an intuitive interface to deiee the functionality of the
design. The ChipScope Analyzer tool consists of two dis@pplications: the server
and the client. The server is a console application that ectisrto the JTAG chain of
the FPGA device using a JTAG download cable. The client is & &iglication that
allows interacting with the devices in the JTAG chain anddbees that are found in
those devices. The server and client applications can bengmoon the same computer
(local mode) or on different computers (remote mode). Remodde is useful when
the user needs to debug a system that is in a different locatito share a single system
resource with other design team members. If the user ddsidebug a system that is
connected directly to its local computer via a JTAG downloable, there is no need to

start the server manually.

13



2.5.3 Using Chipscope in the design

To start using chipscope we first need to create all the medbkg we need for ana-
lyzing and capturing the data. Then after creating theseutesdve add them to the
top level of our verilog design file which we then burn on the3A¢a Virtex 5 board
was used for all the measurements). We will first of all needdhipscope ICON core(
which is necessary for all the designs). Then since we oniyt teecapture and analyze
data hence we need an ILA core and we don’t need any VIO corentlimber of ILA
cores depends on the number of signals we want to capturdwainge from a few
bits in some designs to hundreds of bits in some other deskgsh ILA core has the
capability to sample a 32 bit signal [1]. Itis like storing B2 samples in a FIFO and

each FIFO acts like one ILA core.

For our delta sigma modulator we need to capture only 8 owligitized bits. We
also need to capture one read signal which is the output frantop level as it will act

as the trigger signal for our chipscope module.
Once we have finalized the specifications we start genertétengores [1]

e First, we start generating the cores by the help of Xilinx €&generator tool
present in the Xilinx ISE tool. We then start creating an ICCie. After select-
ing the correct device we select the number of ports whicmesfor our case(as
we will be needing just one ILA core). We then click next.

e We now generate the ILA core in a similar fashion. We seleetiiimber of bits
to be analyzed which is 9 bits( 8 outputs along with a readadiggigger). Then
we set the number of trigger bits which we set to all the samiésQiihich are to
be analyzed( we will have the option of selecting which bitrtgger on in the
chipscope GUI). We also set the box which says that data is sartrigger.

e Finally, after creating all the cores we now instantiateofthem at the top level
design in a way similar to how we instantiate a simple veritogdule. We map
the data pins of the ILA core( which will be captured by Chipse) to the signals
we want to sample in our top level design(to map analyzeradsgio signals in
other sub modules we need to bring them out as pins to the vef).leNe also
need to map the clock of the ICON core. This is the clock on tlatt the
data will be sampled by the ILA core. After the mapping andansation, the
design can be synthesized and implemented using the ISResyatool. During
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the synthesis process, these cores will act as "black bpxesit behavior will
be provided during the implementation process in the formatfists. Before
synthesizing and implementing the design, create and atfetproject an UCF
file to specify the assignment of signals to the pins of FPGAadeand generate
the bit file that needs to be burned on the FPGA.

After generating the configuration file, the FPGA device andkvelopment board
can be configured either with the iIMPACT tool or with the Chgpfe Analyzer tool. In
this example design, the ChipScope Analyzer tool will beduseconfigure the FPGA
device. After that, it will be possible to set the trigger ddion, to capture the values of
selected signals, and to display the signal waveforms iptgeal form. To do this we
start the Chipscope analyzer software provided by the XIBE toolkit. In the console
we select Xilinx USB cable to connect the machine to the FP@Aitg USB port.
After the console detects all the chipscope modules in o@ARhen all the signals
that were declared in the ILA module will appear. We then apertrigger module and
select the 9th bit or the read signal bit as our trigger andtsétigger condition tal,
such that the system samples the FPGA signals when the ré@atl ssxturned on at the

sampling clock as specified in the ICON core [1].

After doing all the above we save the whole project. Next tineejust open the
project click on the trigger button and then set the readchwiin the FPGA board to

start capturing data. The captured data can then be exgoriadtlab readable file.
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CHAPTER 3

Decimation Filter Design and Architecture

3.1 Fundamentals of Decimation filter

There are many applications where the signal at a given sagnpte needs to be
converted to another signal with a different sampling r&@lscrete-time systems with
unequal sampling rates at various parts of the system dezlcailltirate systems. The
process of reducing the sampling rate is generally calkmimation and the multirate
structure used for decimation is callddcimator Accompanying a decimator is usually
a low pass filter, which along with the decimator makedegimation filter In this
chapter, the basic theory of decimation filters and the blegkl implementation of

decimation filter [6] is discussed.

3.2 Cascade equivalence of decimation filters

A complex multirate system is formed by an interconnectibthe up-sampler, the
down-sampler, and components of an LTI digital filter. In mapplications, these
two appear in cascade as shown in Figure 3.1. For efficienpatational results a
particularly useful cascade equivalence property for @sigh is shown in Figure 3.1
and the equivalence is proved [6] by the manipulation ofdeegy domain properties

of the signals.



H(z)

| wiln] Yl

(@)

x[n] w,[n]
H(ZM)

ya[n]
e

(b)

Figure 3.1: Cascade equivalence of decimation filter, [6]

3.3 Specifications ofA>> Modulator

As we have stated in chapter 1, the goal of this project is sigthea decimation filter
for a AY modulator. So before we set about designing the decimatten the specifi-
cations of theAY modulator which has already been designed, taped out atedl tegs
to be stated and understood. The output ofA¥ modulator which has to be filtered
and decimated should be generated from a model since isisdéme output that forms

the input to the required decimation filter.

The AY modulator for which the decimation filter has to be desigresidssampling
frequency,f; = 1GHz and OSR 25 with a 4-bit output. The general block diagra
of a AX modulator and its decimation filter shown in Figure 1.1 isra@h here in
Figure 3.2 for our particular case. T modulator has a® SR = 25 and gives
a 4-bit output. The Over-Sampling Ratio O'SR = 25 means that the sampling rate
is 25 times the Nyquist frequency. So to bring the system lbadkyquist rate after
decimation, we have to decimate by a factor 25. The maximequincy component

present in the input signal or the input bandwidth can be calculated as shown below.
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Discrete time Digital output Digital output

analog input of DSM with quantization noise with out of band noise
shaped out of signal band removed
— —_—
20 500 20 500 20 \ 500
MHz MHz MHz MHz MHz MHz
MHz
u[n] y[n] Lr vin]
. L(2) g e LPF Decimator
Asin(w) 4
where : l25
w=2rtf /f)) 16-level quantizer | 15H5 40MHz
20 MHz
Delta-Sigma Modulator (DSM) Decimation filter

Figure 3.2: Block diagram of a decimation filter for thé: modulator

Sincef, = OSRx Nyquist rate,

f. = OSRx 2 3.1)
fs 1GHz
_ . — 20MH 2
— Jp=50srT 5o 20MHz (3.2)

After the AYX modulation, the quantization noise will be shaped out ofdiigmal
band and thus the decimation to Nyquist rate should be acaoi@ by low pass fil-
tering which removes the out of band noise components. Shecaput bandwidth is
20 MHz, we essentially need a structure with a low pass filién wassband 20 MHz
and a decimator with decimating factor 25. The output of thamation filter will be a

digital signal with sampling rate 1 GHz/25 =40 MHz, whichh&tNyquist rate.

The noise-shaping of the modulator is determined by theéN®ransfer Function

(NTF) of the AY modulator. The NTF of thé\Y) modulator is given in (3.3) and the
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magnitude response of this NTF is shown in Figure 3.3.

(14 1.352271)(1 — 1.998271 + 272)(1 — 1.98827! + 272)
(1 —1.204271 +0.3771272)(1 — 1.432~1 + 0.6585272)

NTF(z) = (3.3)

To generate the input signal for the decimation filter, A% modulator with the NTF

Magnitude response of NTF(z)
20 T T T

20log(INTF(2)|)

-100 i i i i i i i i i
0 0.05 0.1 0.15 0.2 0.25 0.3 0.35 0.4 0.45 0.5

fifs

Figure 3.3: Magnitude response of the NTF of thE modulator.

defined in (3.3), OSR 25 and a 16-level quantizer is modelhetisimulated in MAT-
LAB using Schreier’s Delta Sigma Toolbox [9]. An input sidndsin(27( fi,/ fs)n) is
given to the modulator with the value of A chosen to be sliglass than the Maximum
Stable Amplitude (MSA) of the modulator. Considering thiag ©OSR is 25, which
means the decimation factor is also 25, it is better to hagentimber of input points
and FFT bins of the form™. Thus a5"-point FFT of the output of thé\> modulator

is shown in Figure 3.4.

For this design of thé\YX modulator, the maximum SNR after decimation and low

pass filtering can be calculated. Assuming an ideal low plss\iith sharp response,
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78625—point FFT of SDM output
120 T T

8ol Input signal,1367th bin

100}

60~

Magnitude in dB

Shaped out of band noise

1 1 1 1 1 1 1 1
0 0.05 0.1 0.15 0.2 0.25 0.3 0.35 0.4 0.45 0.5
Normalized frequency bins(f/fs)

Figure 3.4: Output of thé\Y modulator or equivalently the input of the Decimation
filter.

SNR can be calculated using teeanulateSNRRommand in the Delta-Sigma toolbox

[9]. The maximum possible SNR we can get after decimatioerfi calculated to be

96 dB.

3.4 Decimation filter design

X[N] — H(2)

Y

lz 5 __X[n]

Figure 3.5: Single stage implementation.

The simplest design approach for decimation filter is sistdge filter shown in Fig-
ure 3.5. In this a digital LPF is designed to meet the decondilter specifications and
it is followed by a down-sampler. Since the signal is ovengiaah by a large factor, the

ratio of signal bandwidthz ) to half the oversampled rate, relative bandwidth, is very

20



less. Filtering at oversampled rate and then down sampbitiget nyquist rate requires
a very sharp filter working at the oversampled rate, whicharp in the Figure 3.6.

Therefore the required order of the filter is very high.

Stage 1 : LPF of order N

H(z)

Al T |25 |

I
20 MHz 500MHz

Figure 3.6: Single stage decimation filter.

A simple Kaiser’s optimal FIR filter order estimation[3] ised to find the required
filter order. The approximate order of the filter that meegsrdquired specifications is
N =~ 240. Power dissipation of digital filters is directly proponal to their frequency of
operation. In single stage design entire digital LPF omsrat oversampling rate, which

increases the power dissipation. The disadvantages désstage design approach are

e Excessively large filter orders because of narrow transhandwidths.
e High power dissipation as the entire filter operates at fs.

¢ Inefficient use of hardware is because one out of every M coedosamples is
passed to output.

3.4.1 Multi-stage decimation

The disadvantages of single stage can be overcome by ragtistesign. Filtering the
alias band noise in multiple stages and down sampling by proppate factor in each
stage ensures efficient decimation. The decimator is dedigs a cascade of two or
more stages such that the overall decimation ratio is ptoofudecimation ratios of

each stage. This is called multistage decimation.
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Since the required decimation factor 25 can be writteh as5, it is possible to
implement the decimation filter in two stages as we can seaguaré& 3.7. Due to
myriad reasons, it is conventional to use a sinc filter in tret tage of a multi-stage
decimation filter[2][5]. Thus in this design also we will uaesinc filter for the first

stage.

The entire decimation filter has now become a two stage systiéma sinc filter
in the first stage and an FIR filter in the second. For both stadgcimating factor is
5 (Figure 3.7).

Stage 1 : Sinc filter Stage 2 : FIR LPF of order N,
yin]
1GHz 200 "\‘AOHZ
, MHz ,
20 500MHz 500MHz
MHz MHz

Figure 3.7: Block diagram of the two stage decimation filter.

As we will see later on, one of the main reasons to use a siec filtfirst stage,
the simple architecture, breaks down due to the high spepdreznent(1 GHz) of this

design. Thus we are actually free to use any FIR filter for tis¢ $tage.

3.5 Sinc filter characteristics

Sinc filter is proven to be very efficient for the first stage mualti-stage decimator and
can be used to decimate to a rate four times the Nyquist ijggg[Since OSR is 25, the
fact that a sinc filter can be used to decimate to four timedgopiist rate means that
the decimation factor in first stag#&/; can be as high &&5/4 = 6.25. i.e. M; should
be < 6.25. Since bothM/; = M, = 5 in our case, this condition is met. Thus a sinc

filter can be used as the first stage FIR filter in the two staggementation scheme
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and it will decimate the sampling rate to five times the Nyguage. A general sinc

filter Hy(z) of order K with(r x M) taps is of the form

Hy(z) = (}4 (=) )K (3.4)

where the nulls are ati(f;/rM)where =1, 2, .. rM-1 as shown in Figure 3.8. Note

that

1— 21

1—zM 1, -2 —(rM-1)
—— | =14z " 4+2z"...2 (3.5)

Thus a sinc filter of order K is simply K moving average filtencascade.

Now consider the input signal of bandwidth 20 MHz in Figur8.3We know that
when decimated by a factor of 5, noise at the frequenciesinathge(200 — 20) MHz
< f < (200 + 20) MHz, (400 — 20) MHz < f < (400 4 20) MHz will alias into the
passband£20 MHz of f,/M,2f;/M ... because signal bandwidth is only 20 MHz).

A Noise that will alias
into the passband
0dB gt —mmmm—m—m when decimated
Maximum A
N ___ Passband by a factor M
droop r=2,M=5

Worst case
alias rejection

'\
— >
20 100 180 200 220 300 380 400 420 500

— frequency in MHz

Figure 3.8: Frequency response of sinc filter showing ndissiag to the passband.
Diagram is not to scale.
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Table 3.1: Variation of maximum droop and worst alias atsgian with the value of
r (K=4, M=5), [6].

Value ofr | Maximum  passband Worst alias rejection alt
droop atfs (fs/M — [B)

1 -0.5507dB -75.04dB

2 -2.2950dB -76.79dB

3 -5.2840dB -79.78dB

4 -9.6600dB -84.15dB

The decimation factor, M of the decimator which follows tlecsfilter is fixed to
be 5. Value ofr has to be chosen after considering the passband droop ofilsanc
into account. Droop is the deviation of the sinc filter resgfrom the ideal value of
unity (0 dB) in the passband. The maximum passband droop®etiiz = 20 MHz.
The worst case alias rejection is the attenuation at theuémecy (200 — 20) MHz =
180 MHz. Passband droops and worst case alias rejectioriffieretht values of- (for
K =4, M = 5) are shown in Table 3.1. The plots of fourth order sinc filtegtiency
responses for = 1, M = 5(5 taps) and- = 2, M = 5(10 taps) are compared in

Figure 3.9.

Usually a maximum passband droop of 3dB or above is diffiauitdrrect using
an equalizer[4, p. 15]. So from Table 3.1, it is clear that \@a choose" to be one
or two. The value of is chosen to be 2 since this will greatly relax the requiretsien
of the second stage FIR filter. For= 2, passband droop is about 2.3dB as shown in
Figure 3.10. However if a lower droop is required, a five tageifihas to be chosen.
Alias rejection and droop increase as K increases. A foudkrosinc filter is found to
be sufficient to meet the SNR requirement in the final stageK chosen to be 4.

Thus the final transfer function of the sinc filter becomes
4
1 /1—2710

24



Fourth order sinc filter frequency responses for r=1, r=2 (M=5)

20 T T T T T T T T
—r=1 or five taps
——r=2 or ten taps
m
aQ |
£
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Q. ]
(%]
Q
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el
2
Z ]
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Frequency, fin MHz

Figure 3.9: Frequency responses of sinc filter with 1 andr = 2. For both responses,
K =4, M = 5. Note that for the 10-tap filter alias rejection is better but
passband droop is higher.

Forz = /v,

joy [ 1 (sin(10w/2) !
e *(E (W)) o0

The frequency response of the sinc filter given in (3.7) igtptbin Figure 3.9. The
maximum passband droop and worst case alias rejection dachtbsen sinc filter are

shown in Figure 3.10.

As we have mentioned before, the input to the sinc filter iothitput from the DSM.
Since we have designed the sinc filter for a 4-bit unsignedtinfpe output from the
DSM has to be scaled and offset. The output of DSM correspgridi an input signal
Asin(27(fin/fs)n) is given as the input to the sinc filter. The output signalratite
sinc filtering and decimation is shown in Figure 3.11.

The SNR after sinc decimation is calculated to be 54.69dBs Th-bit output forms
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Passband droop in fourth order sinc filter with 10 taps
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Figure 3.10: Maximum passband droop and worst case alisti@) for sinc filter with
K =4,r=2,M = 5givenin (3.6).

15625—point FFT of the output of sinc decimation filter
200 T T

150

Input signal

100

Magnitude in dB
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0 0.05 0.1 0.15 0.2 0.25 0.3 0.35 0.4 0.45 0.5
Normalized frequency bins (f/fs)

Figure 3.11:55-point FFT of the output of the fourth order 10-tap sinc deatiion filter.
Normalized frequency 1 after decimation corresponds to\N2d@. Thus
the input signal which i$367" bin is~ 17.5 MHz.
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the input to the second stage of the decimation filter.

3.6 FIR filter characteristics

The ideal FIR filter response should be as shown in FigurelBig required that after
the second stage FIR filter, the decimation filter should rtteespecification of 93 dB
SNR at the output. The input of the FIR filter is the output @ finst stage sinc filter.
This output is derived for an input sinusoidal signal of fregcy~ 17.5 MHz (1367

bin) and is plotted in Figure 3.11. This signal when passeauih the stage 2 FIR
filter and decimator should give a signal of 93 dB SNR. Comsigeall this, we can set

about to determine the FIR filter coefficients.

3.6.1 Determining the FIR filter coefficients

FIR filter coefficients are determined using Parks-McCiebatimal FIR filter design
algorithm. This can be done in MATLAB using two commarfaipmord and firpm.

This command uses the Remez exchange algorithm and Chetagh®ximation the-
ory to design filters with an optimal fit between the desired antual frequency re-
sponses. The filters are optimal because the maximum enwebe the desired fre-

guency response and the actual frequency response is ra@dmi

Our aim is to use the Parks-McClellan algorithm to obtain #R fiter H,.(z) of
minimum order which meets the SNR requirement. The baser fldirameters used to
design the filteld,.(z) are given in Table 3.2. Since the order of an FIR filter incesas
with lesser passband ripple, steeper transition and hgfbpband attenuation, the val-
ues in Table 3.2 are found using trial and error so that theravti{,.(z) is as low as

possible while still meeting the SNR requirement at the outp

MATLAB commandsfirpmord and firpm returns an FIR filter of order 60. The
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Table 3.2: Parameters for the FIR filt&F,.(z)

Passband ripplé,, < 1dB
Stopband attenuation, 50dB
Passband edgg¢, 18.25MHz
Stopband edgef, 24 MHz
Sampling frequencyy, 200 MHz

frequency response of the FIR filtéf,,.(z) is shown in Figure 3.12 and Figure 3.13.

Normalized frequency response of 60th order FIR filter
20 T T T \ T T

=20+ -

-40+ -

_60,

Magnitude response in dB

-100 N

_120 | | | | | |
0 10 20 30 40 50 60 70 80 90 100

Frequency, fin MHz

Figure 3.12: Normalized frequency response of the FIR filfgs(z) obtained using
MATLAB.

From Figure 3.13, it can be seen that the stop band attenuiatiaround 50 dB,
transition band is between 18 MHz and 24 MHz. A closer lookhaf passband fre-
guency response of both FIR filter in second stage and siec ffiltfirst stage given in
Figure 3.14 reveals that the passband ripple of FIR filtemgleith the passband droop

of the sinc filter deteriorates the response for frequeradceser to 20 MHz.
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Normalized frequency response of 60th order FIR filter — passband
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Figure 3.13: Normalized frequency response of the FIR filfgs(z)- a closer look.
Note that the stop band attenuation is around 50 dB and thsitien band

is from 18 MHz to 24 MHz.
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Sinc and 60th order FIR response in passband
2r T T T

I f T T [ =
—sinc
—FIR

Magnitude in dB

-6 L | | 1

1 |
2 4 6 8 10 12 14 16 18 20
Frequency, fin MHz

Figure 3.14: Droop of4** order 10-tap sinc filter and FIR ripple within passband
20 MHz. Note that the FIR filter ripple is within 1 dB.
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3.6.2 Sinc and FIR filter frequency responses

To put the entire decimation filter in perspective, the ndized frequency responses of
both the FIR filter and the sinc filter are plotted in the sanmagpgrin Figure 3.15. Note
that FIR filter transition is much more steeper than that efgimc filter. The output
of the decimation filter after the second stage FIR filterind decimation for an input

sinusoidal signal of frequency 17.5 MHz (367" bin) is shown in Figure 3.17.

10-tap fourth order sinc filter and 60th order FIR filter responses
I I I I I I I

A

50 100 150 200 250 300 350 400 450 500
Frequency, fin MHz

-20

-60

Magnitude response in dB

-80

-100

T
|

Figure 3.15: Frequency response of ##" order FIR filter H,.(z) and the4™ or-
der 10-tap sinc filter super imposed. Note that half the sengphte is
100 MHz and 500 MHz for FIR and sinc respectively.
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3.6.3 64! order FIR filter

Note that the sinc filter in (3.6) can be written as

Hy(2) = (1—10 (11__2;10 ) )4 (3.8)
o)

This factorization of 1—z71%) into (1—27")(1+27°) helps us to exploit the cascade

equivalence discussed in section 3.2 and the fddter>—5)* can thus be pushed to the
lower frequency side(200 MHz) as shown in Figure 3.16 to beel + z~!)%. This

leaves only a scaled fourth order sinc filter with 5 taps ojregaat 1 GHz.

The60™ order FIR filter obtained using Parks-McClellan algorithif,.(>) can be
multiplied with the facto1+271)* pushed from the sinc stage. This makes the order of
the final FIR filter,H;(z) in (3.10) 64. This is illustrated in Figure 3.16. The comline
frequency response of two stages of the decimation filtefdamh order sinc filter with
10 taps in cascade with)"" order H,.(z) or equivalently a fourth order sinc filter with

5 taps in cascade witht" order H ().

Hp(2) = Hpe(z) x (14 271)* (3.10)
k=63

= hfpz " (3.11)
k=0

If we choose to implementl + ~~!)* and H,.(z) separately(1 + z~!)* has to
operate at 200 MHz, on the other handif,(z) and(1 + z~')* are clubbed together to
form a single filterH (=), all the computations can be done at a lower rate of 40 MHz
as we will see in the later sections. Thus it is advantagemisplement(1 + z—1)*

andH,.(z) as a single FIR filtef{ ().
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Figure 3.16: The factofl + z—!)* pushed to the low frequency side of the sinc filter is
combined with the&0"" order FIR filter to get &4*" order FIR filter [6]

3.6.4 Finite precision of the FIR filter coefficients

Since we are implementing the combingtd” order FIR filter H(z), the coefficients

are obtained by performing the multiplicatiéf,.(z) x (14 2~!)* shown in (3.10). The

64 coefficients in (3.11) given in Table 3.3 are then scaleth $hat|/ ;| < 1. i.e. the

scaling factorF; = 1/(max(|hfi|))-

Wi, = hfy x Fy

= hfi X

= hfi x

3.0035

maz(|hfil)

(3.12)

(3.13)

(3.14)

Even though MATLAB gives filter coefficients to 64-bit preicis, fortunately it is

not necessary to do 64-bit multiplications. A finite preaismuch lower than 64 bits

is actually sufficient to meet the SNR requirement. To findtbatrequired number of
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bits to represent the FIR filter coefficients,

1. Scale the coefficientsf, again by a scaling factar, = 2".
2. Round(hf;, x 2™) to the nearest integer.

3. Calculate SNR.

Repeat this process far= 1,2, . ... After a few iterations it is found that the SNR
criterion of the decimation filter is met onlyif > 10. Thus the value of n is chosen to
be 10 or in other words, the FIR filter coefficients can be regméed in at most 10 bits.

Scaling of the filter coefficients is summarized below.

hi! = hfl x F (3.15)
210

= hfi X 5o (3.16)

= hfy, x 340.9366 (3.17)

The new scaled coefficients are given in Table 3.3. Note lieaditvision by max(. fx|)
while scaling makes sure that the largest FIR filter coefliicadter scaling will be the
largest possible number that can be represented in 10 .bits{024). The FFT of
the decimation filter output with 10-bit precision FIR filtewefficients is given in Fig-

ure 3.17. SNR calculated from this FFT for an input signal 37" bin is 93 dB.

3.7 Decimation filter using polyphase decomposition

In section 3.2, the cascade equivalence property of demméltters is shown. The
property literally means that a filtéf (') before a decimator with decimation factor M
is equivalent to a filtet () if it comes after the decimator. This property is significant

due to the fact that a filter after decimator works at a lomegfiency and thus has less
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Table 3.3: Finite precision FIR filter coefficients. Only 3eii coefficients are shown

because of the symmethy, = hgz_1, £k =0,1,...63, [6]

hfr Value of A fj, hfy (hfy Expansion N
hf, | 0.003453128632 1.1773 1 1 1
hfi | 0.017459621385 5.9526 6 (22 +2) 2
hfs | 0.039133310612 13.3419 13 (22 +2241) 3
hfs | 0.053315357077 18.1771 18 (2t +2) 2
hfy | 0.049194153841 16.7720 17 (2t +1) 2
hfs | 0.02282601945Q 7.7822 8 (23) 1
hfs | -0.026726821644 -9.1121 -9 —(234+1) 2
hf; | -0.091379259526 -31.1545 | —31 —(2*+234+224+2+1) 5
hfs | -0.152588887407 -52.0231 | —52 — (25 + 2 +2?) 3
hfy | -0.187513355588 -63.9302 | —64 —(29) 1
hfio | -0.177614450723 -60.5553 —61 —(2°+21+234+2241) 5
hfi1 | -0.117651625377 -40.1117 —40 —(2° +2%) 2
hfio | -0.021138111557 -7.2068 -7 —(22+2+1) 3
hfis | 0.080997947545 27.6152 28 (2% + 23 + 2%) 3
hfis | 0.149548722242 50.9866 51 (25 +21+2+1) 4
hfis | 0.151726477066 51.7291 52 (2° + 2% 4 2%) 3
hfis | 0.076271160792 26.0036 26 (2t +2% +2) 3
hfiz | -0.057406812101 -19.5721 | —20 —(27+22) 2
hfig | -0.201111667924 -68.5663 | —69 —(20+22+1) 3
hfie | -0.292186843342 -99.6172 | —100 — (25 4 2° +2?) 3
hfs | -0.276829023603 -94.3811 | —94 — (26421 +23 422 +2) 5
hfs | -0.134665635427 -45.9124 | —46 — (25423 +22 4 2) 4
hfs | 0.104952878889 35.7823 36 (25 +22) 2
hfss | 0.362737737201 123.6706 | 124 (20 + 25 + 21 + 23 4 2%) 5
hfsy | 0.528036189800 180.0269 | 180 (274 25 + 21 + 2%) 4
hfss | 0.492153423628 167.7931 | 168 (27 + 25 + 23) 3
hfss | 0.186382819150 63.5447 64 (2%) 1
hfs7 | -0.388185540468 -132.3467 | —132 —(27 4+ 2%) 2
hfss | -1.150402802168 -392.2144 | —392 —(28 4 27 + 23) 3
hfag | -1.953771295922 -666.1122| —666 —(29 42"+ 21+ 2% +2) 5
hfs | -2.623248549904 -894.3615| —894 | —(29 428 + 20 +25+21 4234224+ 2) | 8
hfs | -3.003490924493 -1024.0000 —1024 —210 1

Total = 96
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3125-point FFT of the output of FIR filter
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Figure 3.17: FFT of the output signal after FIR filter and deatior

stringent timing constraints and lower power consumpti@rpractical application of
the cascade equivalence can be best seen in polyphase destompwhich will be

discussed in this section.

3.7.1 Polyphase decomposition of sinc filter

The transfer function of the sinc filter with 10 taps obtainme(B.6) can be expanded as

1 pl0\*
Hy(z) = <1 — z_1> (3.18)
— ((1 — 2_5)<17+ Z_5>)4 (319)
1—271
=142 2242 1+ 20 (3.20)
= H(2)(1+ z7%)* (3.21)
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As we have seen, the factér + »7°)* can be pushed to the low frequency side of

the decimator to givél + z—')* (Figure 3.16) which is later be combined with the

FIR filter in the second stage of the decimation filter. By nmgveven a part of the

sinc filter computation to the low frequency side, we can meTably decrease power

consumption. Now the transfer function to be implementeti@first stage (at 1 GHz)

is only H(z). This can be expanded as shown below.

—_

H.(2)

x(n)

Y

{5

(a) Sinc decimator

X(“)T J B ——®
71
- Ey(2°)
Z—l
— E,(2°)
71
~ E32°) ®
Z—l
| E2

(b) Polyphase decomposition of H,(z)

|5

o

y(n)

x(nz)_1 sl B0 L ®
: {5 E@

Zl 15~ E)

Zl 15+ Es@ ®

Z' {5~ Ei2)

(c) Calculations being done at

a lower frequency

Figure 3.18: Polyphase decomposition of sinc filter, [6]

16
H() =0+ 4224234279 = Z h(n)z™" (3.22)
n=0

= 14421 4+1027242022 43527 +522° 4+ 6826+ 8027 + 8528 + 80z *

+682710 4+ 522711 4 352712 420271 + 102714 4 42715 4 2716 (3.23)
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Decimator for Sinc filter
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Figure 3.19: Polyphase decomposition of sinc filter. Therfis split into a decimator
and five FIR filters, [6]

Which can be written as

Hi(z) = (14 5227° + 682710 4 42719)
+ 27N 4+ 68270 + 522710 27 19)

+27%(10 4 80277 + 352717

+27%(20 4 85277 + 202719

+274(35 + 80275 + 102719) (3.24)

That is

Hy(2) = Eo(2°) + 2 ' Ey(2°) + 2 2 Ea(2°) + 2 Ea(2°) 4+ 27 Ea(2”) (3.25)
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where

Eo(z) = (1452271 + 68272 +4277) (3.26)
Ei(2) = (4468271 + 52272 + 27?) (3.27)
Ey(2) = (10 + 802" +3527?) (3.28)
E3(z) = (20 + 85271 4 2027%) (3.29)
Ey(z) = (35 + 8027 +1027?) (3.30)

The above decomposition of the sinc filiér(z) into Ey(z) to E4(z) is called polyphase
decomposition (Figure 3.18 and Figure 3.19). Note thahalhtultiplications with filter

coefficients now need to be carried out only at 200 MHz. Thestly relaxes the timing
constraints and lowers the power consumption. The actoalitimplementation of

this architecture is described in detail in [6].

3.7.2 Polyphase decomposition of FIR filter

The transfer function of thé4*” order FIR filter obtained in Table 3.3 with 10-bit pre-

cision coefficients can be written as
k=63

Hy(z) =Y Mz (3.31)
k=0

whereh;, k = 0,1..63 are the coefficients. Just like in the case of §iter, the FIR
filter can also be split into five filters as shown in (3.32). Uty 3.20 and Figure 3.21
illustrate the decomposition. Note that this is quite samtb the decomposition done

for sinc filter case.

H(2) = Go(2°) + 271G1(2%) 4+ 272G (2°) + 273G4(2%) + 274 Gy(2°) (3.32)
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The forms ofGG,(z) are given in Table 3.4. The polyphase decomposition of tRe FI
filter H(z) into G(z) to G4(z) facilitates computations to be carried out in a lower
frequency (40 MHz) instead of 200 MHz (Figure 3.20, Figur2l}. It is assumed that
the five streams of 14-bit daig5k) to y(5k + 4) will appear at the positive edge of a

25ns clock and will stay available throughout the period.

Y

— H() |5 F—

y(n) z(n)

(a) FIR decimator

y(n)
y(”)T G2 ® l 5 b |51~ G @

! 7!
o G, ® {5 G1(2) @

zt z*
F— G @ {5+ G.@ @

Z-l Z-l
- G4(2Y) @ {5+ Gs@ @

71 21

5 G, L5~ G4

(b) Polyphase decompaosition of H(z) (c) Calculations being done at

a lower frequency

Figure 3.20: Polyphase decomposition of FIR the filter, [6]

3.8 The complete sinc filter

The complete sinc filter implementation is shown in Figur223.We cannot hope to
meet the timing constraint if we use conventional n-bit adde add up the partial
products. A suitable method to add up a large number of vetsdo use the Wallace
tree structure[12]. The output from the wallace tr&e;: andcarry is added together

using the vector merging Kogge-Stone adder. The Decimddoklthat splits the input
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Figure 3.21: Polyphase decomposition of FIR filter, [6]

Table 3.4:G(z) definitions

Gk(z

~—

Definition

GQ(Z

~—

ho —+ h5271 + h10272 + h15273 + h20274 +
h25275 + h302’76 + h282’77 + h232’78 +
hlgzig + hlnglo + hngll + h32712

Gl(z)

hi+ hﬁz’l + h11272 + h16273 + h21274 +
h26275 + h31276 + h27277 + h22278 +
h172_9 + hlgz_lo + h72_11 + h22_12

Ga(z)

ho + h7Z_1 + h122_2 + h172_3 -+ h222_4 -+
h272_5 + h312_6 + h262_7 + h212_8 +
hlGZ_g + hnZ_lO + hGZ_H + h12_12

Gs(2)

h3 + th_l + h132_2 + h182_3 + h232_4 -+
hogz™® 4 h302™® + hosz™" + hog-g +
his.—9 + h1oz 10 + hsz™ M + hgz ™12

G4(Z)

h4 + th_l + h142_2 + h192_3 + h242_4 +
haoz™ 4 hag + 27 Chosz™" + higz™® +
h14279 + hgzilo + h42’711
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data at 1 GHz into five streams is discussed in the later sectio
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Figure 3.22: Complete sinc filter schematic. CLA: Carry Ladiead Adder, VMA:

Vector Merging Adder, [6].

3.9 The complete FIR filter

The finite precision FIR filter coefficients are obtained ibl€3.3. The input to the

FIR filter is the 14-bit output of the sinc filter. Unlike in tisenc filter, where all partial

products are positive (because all filter coefficients of $iter are positive and the 4-

bit input from theAY is DC offset and scaled to be positive), in the case of FIRrfilte

there are negative filter coefficients too. This makes thagdquroducts negative even

though the 14-bit input to the FIR filter is an unsigned pwusiinteger. Table 3.3 also

lists the expansion and the number of partial products(ish eaefficient will yield. To

make matters simple, we follow the following strategy. Grall the positive partial

products and negative partial products separately. Theat tas positive numbers and

add up to get two sums. Then finally subtract the sum of negatwvtial products from

that of positive partial products. Refer Figure 3.23.
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Note that for the final subtraction, the sum of positive @niroducts has to be
added to the 2's complement of the sum of negative partiadymts. This is done by
inverting the sum and carry vector from the negative pagrabluct wallace tree and

also by giving &’;,, value one.

3.10 Decimator design

Throughout our discussion, we have assumed that the fivlgdateeams of data(5k)

to z(5k + 4) ory(bk) to y(5k + 4) are available at the positive edge of a clock and re-
mains available for one time period which is 5 ns and 25 nsa@sgely for the sinc and
FIR filter. Here, we discuss this decimating process wheraglesinput stream at a

particular rate is split into five streams.

3.10.1 Basic decimator circuit

If we have a clock divider that gives one pulse of clk5 for gviive pulses of clkl,
then the basic structure of a decimator is quite simple agshFigure 3.24. For the
case of the sinc filter, five phase shifted clocks are useddosghthe five consecutive
inputs. At the end of five cycles, a common clock registersfitreestreams together.
Detailed timing diagram is shown in Figure 3.24(b). It canseen that a particular
input is ready at least 0.5 ns (with the negative edge of thetena@lock, clkl) before

the corresponding phase shifted clock registers it withsatppe clock edge.

Same argument holds for the second stage decimator betoFdRtfilter.
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Figure 3.23: Complete FIR filter schematic, [6]
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Figure 3.24: (a)Low power decimator structure (b)Timinggtam of the power effi-
cient decimator. clk1 has time period 1 ns and clk5a to clkBdiee phase
shifted clocks with time period 5 ns. For the FIR filter deciaorathe tim-
ing diagram is same except that clkl is at 200 MHz and clk5éktecare
at 40 MHz, [6].
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3.11 Clock dividers

To divide a clock by 5, the simplest technique is to use a ¢ogrdtate machine that
counts from 0 to 4 and then repeats. This creates five statbsoéavhich gives rise to
the five phase shifted clocks required for the decimators Tha simple method and

requires only three registers working at 1 GHz.
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CHAPTER 4

Synthesis and Simulation Results

4.1 Synthesis of the Decimation filter

The design and implementation details of the decimatioarfilt two stages using
polyphase decomposition are discussed in the previougahaphe preliminary de-
sign involves testing the decimator in MATLAB to ensure ttie#@ SNR performance
is satisfactory. The actual circuit is modelled using thedwsare Description Lan-
guage, Verilog and functional verification is done in Modw®l®y writing appropriate
test benches. Once this ideal circuit gives the same SNRnelotan Matlab for the
same input stream, we can go ahead to the final steps of siaitigeand routing the

circuit.

Synthesized
verilog
file (.v)

Standrad
library files (.lib) \

Routed

/ netlist(.v)

Verilog file (.v) — Design Vision

Synopsis / \\ Cadence

Encounter
Constraints (.tcl) Timing Delay info
info file after routing
(.sdc) (.sdf)
> Synthesis > Place and route >

Figure 4.1: Block diagram of the design flow

The digital circuitry behaviorally modelled in verilog is be mapped into actual

circuit components based on standard cell libraries andtcaints. This procedure



Table 4.1: Power report of the decimation filter(10 tap sikerfi- 60** order FIR filter)
obtained using Synopsis design vision(Typical case)

Module Clock Power| % Power (mW)
Sinc filter 200 MHz (5ns)| 3.537 20.7

FIR filter 40 MHz (25 ns)| 9.566 56.1
Decimator for sind 1GHz(1ns) | 1.044 6.1
Decimator for FIR| 200 MHz (5ns)| 0.723 4.2

CLK dividers 1GHz(1ns) | 1.365 8

Total 17.06 100%

is called synthesis and is performed using the Synopsi$egizing toolDesign Vi-
sion Design vision gives the synthesized verilog file as outputdading three in-

puts (Figure 4.1)

1. Verilog code for the circuit
2. Standard library files

3. Constraints

The verilog code is a behavioral description of the circliite standard cell libraries
from UMC provide standard building blocks of the circuit iMOS 180 nm technology.
The constraints are given to the design vision using a .tgbtsfile. There are mainly

three constraints for the decimation filter circuit.

1. Meet all the timing conditions i.e. the delay should be ksn 5 ns and 25 ns for
the first and second stage of decimation filter respectively.

2. Minimize the area of the circuit

3. Minimize the power consumption of the circuit

Once the three input files (verilog, libraries and constgliare ready, design vision
compiles the input and creates a synthesized verilog filelmisinow based on standard
building blocks. Design vision also gives a timing inforioatfile (.sdc). These files
can be read usin@adence encountdo place and route (Figure 4.1). In Place and

Route the CAD tool performs three major tasks
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Table 4.2: Decimation filter design summary

Technology 0.18 um CMOS
Supply Voltage 1.8V
Total power 17.06 mW
Area 790 x 740

Passband droop-2.4 dB at 20 MHz
Simulated SNR 93.1543dB

e Place the layout of standard cells according to the floor plan
e Clock tree synthesis (CTS)

¢ Route the design to meet the timing

After placement and routing, the routed netlist can be sagalverilog file and the
timing information after routing can be extracted into & fdd both of which can be

used for the post-route simulations.

4.2 Simulation Results

The final simulation results are summarized in Table 4.1 a@d Brom Table 4.1, it
can be seen that most of the power is dissipated in the secage EIR filter. After
simulations, it is found that the FIR filter has a huge positilack. This means that the
power consumption of the FIR filter alone can be reduced murthdr by decreasing
the power supply voltage for FIR filter block alone. The tgialer consumed by the
entire decimation filter is 17.06 mW. Thus polyphase impletagon is proved to be
very useful in high speed low power decimation filters. Tive power of the decimation
filter is attributed mainly to the decrease in the operatmegydency of the circuit in
polyphase. The price paid for the low power are the highex ex@olyphase compared
to the CIC implementation of sinc and the increased desigmbexity in both the sinc
and FIR filters.
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Amoeba view of the final layout is given in Figure 4.2.

500

780.030

-B00

-744.880

Figure 4.2: Amoeba view of the circuit after layout in enctain
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CHAPTER 5

AY, ADC Architecture and Results

5.1 Architecture

LVDS | 4 bits

buffers | @f,
input DSM 4 bits Decimation| 18 bits
filter @f,/25

Digital | —Qu
driver —2um

Figure 5.1: Block diagram of ADC

Figure 5.1 shows the complete top level block diagram ofAheanalog to digital
converter after combining the decimation filter that expéal in the earlier chapter to
the AY modulator that has been tested as a part of this thesis wagcription of the
AY. modulator is given in Appendix A. Out of 26 bits of decimatifiter output the
most significant 18 bits are taken as the output of the analdggital converter. Along
with the decimator output of the ADC, we have taken the outguhe delta sigma
modulator, so that the functionality and performance of &tf&M can be measured.
Besides we have a provision to collect the output diffeedrgignal through a digital
driver circuit, which can be viewed using an oscilloscopbe Tigital driver circuit is
explained in the next section. The chip has 76 pins and thelgtiails of the ADC is

shown in the Figure 5.2. Appendix C shows the descriptiorachepin.
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Figure 5.2: Pin details of the ADC

5.2 Digital driver

im

]

do

an
20X

Mnl
20X

n01

0X

20Y

wo

*

biasn2

biasnl

Figure 5.3: Schematic of unit DAC cell

A unit cell differential pair current steering DAC cell is akown in Figure 5.3,

which consists of 60pA cascoded current source, steered using the NMOS difiafent
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pair of current switches. The current value is chosen toedpiroper current to the
load. Since we are using rail to rail drives, the switch tistoss may go into triode

region, there by losing the advantage of cascode trandmtadhe tail current source.

The switch Transistor sizes are chosen larger to make theliowe voltage smaller

so that, the switches act in a better way. Because of therlarges of the transistors
the tail node capacitance increases, which increases thentin the capacitor due to
variations in the tail node voltage. So the cascode tramssichosen to be of smaller
size, which reduces the parasitic capacitance. The cascausstor protects the tail
current from any voltage variation and also reduces modulaif current source by

the output voltage. The bias voltages are generated usow edltage cascode current
mirror as shown in Figure 5.4.

Vdda

o | o ——C 20k

ibias600uA

M i M biasn2
A 20% I

;\gnYl ]l— biasnl

X=(1pn/0.18)

Y = (3p/0.54y)

Figure 5.4: Bias generation circuit for DAC cells

53



CHAPTER 6

Conclusion

6.1 Testing

The high speed C\YX modulator was tested to work at 750 MHz and the tested chip
had a dynamic range of 82dB and SNR of 68.7 dB for a bandwidth5dfiHz and

a dynamic range of 80dB and SNR of 67.3dB for a bandwidth ob/dHz. The
modulator was becoming unstable at 800 MHz. During the @uofstesting it was
also observed that the chips packaged by EUROPRACTICE wsoenat running at
800 MHz.

6.2 Decimation filter

The total power consumed by the entire decimation filter if@HW. The continuous

time A modulator for which the decimation filter is designed conssmbout 50 mW

power. Low power decimation filter described in this thesis be used to turn the con-
tinuous timeAY modulator into a complete Analog to Digital Converter syst®ith

only 38% additional power. The simulated SNR of the Decimatdput is 93.1543 dB



APPENDIX A

Excess loop delay compensation and the chip

architecture

The maximum frequency of operation in a G¥¥ modulator is limited by the delay
in the quantizer and the feedback DAC. The delay in the geanis caused because it
takes a finite amount of time for the comparator in the FlastCAD differentiate the
inputs, this is known as regeneration time which acts likeogldelay. Any extra errors
due to non-linearity of the quantizer is taken care by th@softer at it is shaped out
of the signal band (these errors can be considered like aa exbr to the quantization
error and hence get shaped out). The DAC circuit convertsliigzed output of the
guantizer to an analog signal which is then fedback to thetifput mismatch between
the DAC elements causes an error which appears directlyeantiut [8]. Since the
loop gain of the signal in the signal bandwidth is unity hetioe error due to DAC
also appears at the output. To prevent this different teghes are used for example
DWA(data weighted averaging). Introducing these extrauiiry reduces the DAC
error at the expense of extra delay(the DAC clock has to beydd). All these factors

mainly contribute to the ELD(excess loop delay).

Due to excess loop delay present in the loop the DAC will havbe clocked at
a time greater than the delayt 7,;). But when the DAC pulse is delayed by some
time sayr, then the equivalent DT loop filter order increases by oneT8]s seriously
affects the noise shaping and increases the inband noissssmeduces the maximum
stable amplitude. If this delay becomes too large then théulabor will become un-
stable. Figure A.1 shows the effect of ELD on noise shapesl ¢tiannel output of

the modulator. The next section will discuss about commob Ebmpensation tech-



niques. After that we will discuss about the ELD techniquedus the chip which is

being tested as part of this thesis work.

-80

Power Spectral Density (dB)

-100

-120:

10

Figure A.1: Effect of ELD on Noise Shaping, [10]

A.1 Commonly used compensation techniques

One of the techniques used for compensating ELD is by intimguone clock cycle
delay in the feedback path and then using another DAC to geavie missing sample.
Due to introduction of one clock cycle delay the second sarapthe impulse response
of the main CT loop is zero. The extra new compensation paith( kess delay) in-
troduced compensates for this sample without affectingpther samples produced by
the main DAC [13]. Hence the samples of the impulse respofise@verall feedback
loop becomes equivalent to that of the DT modulator hencepemsating the ELD. The

schematic in the Figure A.2 shows this.

Another more commonly used technique is to directly add ¢laéesl DAC output to

the output of the loop filter. The scaling constant dependhermelay of the feedback
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Figure A.2: ELD compensation using an extra DAC, [10]

path. This technique is also shown in Figure A.3

The scaling constant is realized by adding a differentiaftar the output of the**
loop filter. This is done by passing the output from the firsiddilter integrator to the

virtual node of the summing opamp using a capacitor.

u(t) . v[n]
Loop Filter T\ J _/ Flash
T _C‘D L(s) F SD W-?: ADC

Ko

Logic
Circuits

DAC,

Figure A.3: ELD compensation using a differentiating patthie loop filter, [10]

A.1.1 Limitations of commonly used ELD techniques

The techniques proposed above have a lot of limitations. fibst important being
the excess loop delay has to be less than one clock cycle. lifrhiis the maximum
sampling speed of the modulator. Also the technique in wiiehntroduced an extra

DAC, the DAC loads the output of the quantizer and takes afaagea.

Let us now consider the technique in which we used a dirett jwaadd a sample

directly from the output of the DAC. As the loop delay incresishe contribution from
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this direct path will keep increasing such that the overdlFNooks exactly similar to
the ideal case without any delay [7]. For large delays it beepvery difficult to realize
large gains keeping the delay low. Also as soon the delayaha®dback path becomes
greater than one clock cycle then the second sample of thelseapesponse of the
feedback path will be zero. Multiplying it with a constantiwiot be able to make the
second sample non zero. This increases the order of the Nd Rexrce degrades the

noise attenuation in the signal band and causes more peaiingared to ideal case.

The only way to compensate this excess delay of one clocle ¢éy¢b introduce an

extra feedback path which is independent of this delay.

A.2 Compensating for more than unity cycle excess loop

delay

The technique used in the chip [10] which is being tested,leyspa local feedback
circuit with lesser delay in order to compensate for the EfDQreater than unity clock
cycle [11]. Figure A.4 shows a additional feedback loop tmpensate for the missing
second sample of the original loop response. The delay sfathditional loop is sig-
nificantly less (lesser than unity clock cycle) as it usey @single sample and hold
circuit. To make the response of the modulator similar tadleal case we first find out
the sampled response of the loop. To do this we break the lod@pply a impulse at
the input of the quantizer. The samples of the output are ¢bempared with the ideal
response. The second sample is adjusted by the help of thegscaefficient in the
local feedback path. The remaining samples are adjustedhdnyging the loop filter
coefficients such that the remaining response is equivadehat of the ideal case. We
now calculate the new NTF due to the introduction of this lodfe break the loop at
point X at the start of the quantizer and find the transfer tioncfrom the error intro-

duced in the quantizer to the output [10]. It is also easignsieom the figure that the
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Figure A.4: ELD compensation using an extra fast feedbathk, f&0]

transfer function of the fast extra feedback loop/i§1 +az~!). We can model the flash

ADC by adding a quantization errey. Hence the overall transfer function looks like

eq(2) = V(2)[La(2)2™* + ko2~ ) =V(z) (A.1)

1+ azt

V(Z) 1+az™!
eq(z2)  1+azt + (ko + La(2))22

(A.2)

Since the coefficient of the loop filter were adjusted to mébehsamples hence the
denominator remains the same as the ideal case. We now sggazero due to the

compensation loop. Hence the new NTF in terms of ideal NTFigem as
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NTFew = (14 azfl)NTFideal(z) (A.3)

The NTF of the compensated loop for a fourth ordet compared to the ideal case
when the ELD is 1.5 looks as shown in Figure A.5. As we can saa the figure for
OSR = 25 there is an 7.5dB increase in the quantization noise. Alssifoylation it
was seen that for higher OBG the performance becomes similhat of the ideal case
with a order less [10]. Hence to get a performance of a idehbBier loop filter using

this compensation technique we will have to design it forgtder.

20 T T T T

0 -7 \\
g
- _207 i
)
(2]
c
8 —40f 1
a order = 4
= OSR =25
g 60 OBG=2 |
2
S -80 :
=

-100 - = =Ideal modulator, no ELD
ELD =1.5 clock cycle,
compensated using S/H
-120 ‘ ‘
0 0.1 0.2 0.3 0.4 0.5
Frequency (Hz) fs/2

Figure A.5: Effect of the extra zero on the NTF, [10]
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A.3 Architecture of the AY. modulator

A.3.1 Loop filter

This section will briefly describe the overall architectwfethe chip. More details
regarding the chip can be found in [10]. The chip which wagetbas part of this thesis
work was designed for an OBG of 2 and an OSR of 25. A forth ordep filter with

optimized zeros was used. The over all modulator looks assihoFigure A.6

zero order
hold

Discrete-time

Continuous-time

sk + Kk, 4 sk + Kk,

P40 (S2+ Q2 )(SP+ QD)

16 bits 4 bits 8 bits
@ fy/2
u(t) n Loop Filter Flash | s Th%mo || Demux _:
+ 0 L(s) + ClK 4 ADC Binary (1:2)
Direct Path / k, ClKyac
DAC,
Calibration
Logic

Figure A.6: Block diagram of the ADC, [10]

The loop filter chosen was a cascade of 4 integrators withfdesdrd summa-
tion(CIFF) [10]. To realize the integrators of the loop filend a Active RC integrator
was used. Active RC integrators were chosen @¥g€C because of their higher linear-
ity. The NTF for the modulator can be derived from the idealecdJsing the Schreier

AY toolbox [9] in Matlab we know that the NTF of an ideal system@SR of 25 and
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OBGof 2is

(22— 1.982 4+ 1)(22 — 1.982 + 1)
(22 = 1.204z + 0.3771)(22 — 1.43z + 0.6585)

NTFjeq = (A.4)

NTFpew = (1 4+ az Y )NT Figeqi(2) (A.5)

The first opamp for the loop filter was designed using a feeddalt compensated
architecture as it has high bandwidth and consumes low gawie expense of signal
swing). The other opamps(2nd,3rd and 4th) were designed s simple 2 stage

miller compensated opamps as these opamps are less camjaheed to thés' opamp.

A.3.2 Fastfeedback ELD compensating path

To realize the fast feedback path we need two simple compema® of them is the
sample and hold part and the other is the constant multtmicgart. The sample and
hold is realized using a 2 stage track and hold circuit. Thathile one stage is tracking
the other holds and vice versa. The switches used on thedratkold circuit is boot-
strap switch to reduce the distortion. For constant scadargywe use &-,, cell which

is a simple voltage controlled current source. For a scatogstant ofu, the GG,,, of

the cell is kept at;o/ R where R is the feedback resistance(from the output to Virtua

ground) of the summing opamp used after the loop filter.

A.3.3 Flash ADC

The 4 bit quantizer is realized using a flash ADC. Flash ADQigecture offers high

speed at the expense of more power and area; since spedit# bere so a flash ADC
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was used. In this architecture the input is compared wilttadl possible quantization
levels at the same instant. So for a 4bit ADC we will n@éd- 1 = 15 comparators

to compare the input with the quantization levels. The outpthese comparators will
be an array of 1's and 0’s which is called a thermometer codas then has to be
converted to binary using a separate circuitry outside tbdutator, the DAC uses the
thermometer code itself. The reference levels are genkusiag resistive ladders and

a differential version of the circuit is implemented.

A.3.4 4 Dbit DAC

The DAC converts the digital outputs of the quantizer to agalignals which can be
compared with the input signal in a CT modulator. The DAC togg used in [10]
is a complementary current steering DAC which feeds theeatirto the loop filter.
This architecture is used because the total noise PSD ise3 tinat of current steering
sources. Whereas in the more commonly used DAC architeaging NMOS current
steering and PMOS current source the total noise PSD is 4tiha of the current

source noise.

We know that mismatch in the DAC cells can seriously affeet plerformance of
the modulator as any kind of error introduced due to the DA@Ge&® directly at the
output. To reduce mismatch various techniques like dynateiment matching or data
weighted averaging can be used so that the mismatch betlweddAC cells on an
average is minimized [8]. In the current modulator the DA@suacalibration scheme
to reduce the mismatch. The basic idea is to charge the gadéeitance of the NMOS
to a value such that it draws the reference current when witlsed on. So in one
cycle we connect the reference current source to the M1 drttidecapacitor charge
to the reference value and when we want to use it we discotimeceference current

source and connect the NMOS as shown in Figure A.7
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Figure A.7: Calibration of a DAC cell (a)Calibration Phabg¢@utput phase, [10]

A similar technique is used for this chip in which each DAC bals two reference
currents sources and two reference current transistors.iShecause when one of the
current sources is being used by the DAC the other gets asgithr Once the calibration
of the other cell is complete the two sources switch theicfimality and now the
other source enters the calibration phase . Also since we $ayw N DAC cells not all
the N transistors (which are not connected to the DAC outipuf)ese cells are being
calibrated, only one transistor is calibrated and then thers in the other cells are
calibrated in a sequence( to generated this sequence wieersgme extra switching
circuitry). So among the N DAC cells each of the transistorstcted to the calibration
circuit is calibrated in a sequence once by one and inside[@AC cell as soon as once
of the current source gets calibrated it gets connected tG@ DAtput and the other
transistor connects to the calibration circuit as it wiktibe calibrated in the next cycle

after the calibration of the other DAC cells are complete.
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APPENDIX B

Pin details of the A modulator chip

Table B.1: Functionality of each pin, [10]

Pin | Name | Functionality |
1,2,3,44 a < 1 >, a< 2 >, | Capacitor tuning bits
a< 3 >, a< 4 >

4 Vdda 1.8V supply voltage for the loop filter and bias-
ing

5, 11, 15,| gnda Ground

36, 38,41

6,7 Clkp, Clkm Differential input clocks

8 OSR_ctrl Control to choose between OSR =25 (low),
OSR =10 (high)

9 Iref_5uA Reference current sourég A(sinking current)

10 Vref_flash Control for changing input swing of flash ADC.
Nominal value =0.9V

12 Vddd 1.8V supply voltage for the flash ADC

13 Vcalon Control for making calibration on (high) and off
(low).

14 Vref_dac Control for DAC unit cell current. Nominal
value =0.9V

16 Vdddac 1.8V supply voltage for the DAC

17 rst Reset the digital calibration logic (Reset when
high)

18-25 and| Doutb < 7 > to | Deserialized differential output LVDS data

28-35 Dout < 0 > stream

26, 27 CIk_out, Clkb_out | Differential output LVDS clocks

37 Vdd_demux 1.8V supply voltage for the Demux and 10 pads

39, 40 Vinm, Vinp Differential input signals

42 vcm Common mode reference voltage of 0.9V

43 Iref_25p25 A Reference  current source of value
25.5A(source current)




APPENDIX C

Pin details of the AY>. modulator with Decimation filter

Table C.1: Functionality of each pin.

Pin

Name

| Functionality |

ff

en

1,2,3,76 a < 1 >, a< 2 >, | Capacitor tuning bits
a< 3 >, a< 0 >

4 Vdda 1.8V supply voltage for the loop filter and bia
ing

5, 11, 15,| gnda Ground

18, 19, 20,

33, 53, 65,

66, 69, 70,

73

6,7 Clkp, Clkm Differential input clocks

8 OSR_ctrl Control to choose between OSR =25 (loy
OSR =10 (high)

9 Iref_5uA Reference current sourég A(sinking current)

10 Vref_flash Control for changing input swing of flash ADC
Nominal value =0.9V

12 Vddd 1.8V supply voltage for the flash ADC

13 Vcalon Control for making calibration on (high) and o
(low).

14 Vref_dac Control for DAC unit cell current. Nominal
value =0.9V

16 Vdddac 1.8V supply voltage for the DAC

17 rst Reset the digital calibration logic (Reset wh
high)

21 Vdddriver 1.8V supply voltage for the Digital driver

22,23 Vdigoutm, Vdigoutp| Differential output signals from Digital driver




nd

[oX

I

N—r

a

24 lvdsen Control for Ivds buffers to enable (high) ar
disable (low).
25 driveren Control for Digital driver to enable (high) an
disable (low).
26 decfilen Control for Decimation filter to enable (high
and disable (low).
27-31 - Unused pins
32 Clkout Output clock of Decimation filter
34,54 Vdddecfil 1.8V supply voltage for the Decimation filter
35-52 decfilout < 0 > | Output data stream of Decimation filter
to
decfilout < 17 >
55, 56 Clkb_out, Differential output LVDS clocks
Clk_out
57-64 Doutb < 3 > to | Deserialized differential output LVDS dal
Dout < 0 > stream
67, 68 Vdd_demux 1.8V supply voltage for the Demux and 10 pads
71,72 Vinm, Vinp Differential input signals
74 vcm Common mode reference voltage of 0.9V
75 Iref_25p25 A Reference  current source of val

25.5A(source current)

e
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